Adaptive Media Playout (AMP) consists of smoothly and dynamically adjusting the media playout rate to recover from undesired (e.g., buffer overflow/underflow or out-of-sync) situations. The existing AMP solutions are mainly characterized by two main aspects. The first one is their goal (e.g., keeping the buffers' occupancy into safe ranges or enabling media synchronization). The second one is the criteria that determine the need for triggering the playout adjustments (e.g., buffer fullness or asynchrony levels). This paper instead focuses on a third key aspect, which has not been sufficiently investigated yet: the specific adjustment strategy to be performed. In particular, we propose a novel AMP strategy, called Cubic AMP, which is based on employing a cubic interpolation method to adjust a deviated playout point to a given reference. On the one hand, mathematical analysis and graphical examples show that our proposal provides superior performance than other existing linear and quadratic AMP strategies in terms of the smoothness of the playout curve, while significantly outperforming the quadratic AMP strategy regarding the duration of the adjustment period and without increasing the computational complexity. It has also been proved and discussed that higher-order polynomial interpolation methods are less convenient than cubic ones. On the other hand, the results of subjective tests confirm that our proposal provides better Quality of Experience (QoE) than the other existing AMP strategies.
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Nowadays, we are witnessing a boom of media streaming services over Internet, and this is expected to grow further in the near future. Audio/video conferencing, Content on Demand (CoD) and Internet Protocol Television (IPTV) are just a few examples of these services.
However, the delivery of time-sensitive media content over packet-switched (IP) networks still faces many challenges. Several factors, such as variable bandwidth, jitter, and packet loss, among others, can prevent from successfully providing low-latency, interactive and synchronized media services [1, 2] .
Typically, playout buffering strategies are employed at the client side to overcome the impact of the above factors, contributing to optimize the system performance in terms of: i) end-to-end delays; ii) intra-media synchronization (sync, hereafter), which is the maintenance of the original temporal relationships between the Media Units (MUs) within each media element (e.g., audio, video…); iii) inter-media sync, which is the preservation of the temporal dependences between the involved media elements (e.g., lip-sync); and iv) Inter-Destination Media Sync (or IDMS), which is the compensation of delay differences between different receivers [1, 2] . All the above issues have an impact on the Quality of Service (QoS) and on the user's perceived Quality of Experience (QoE), especially when interactivity with the media content, and/or between multiple users within the context of common media content consumption, is pursued (e.g., in Social TV).
With enough bandwidth availability and network stability, the usage of proper buffering strategies would ideally allow preserving/reconstructing the original timing of the incoming media contents (i.e., µ ideal ≈θ MU/s, being θ the generation rate at the server side and µ the playout rate at the client side, as shown in the black curve in Figure 1 ). However, the existence of additional factors, such as network congestion/limitations, Central Processing Unit (CPU) overload/limitations and clock imperfections, will have an impact on the media playout continuity and/or synchronicity. For example, the existence of playout rate imperfections [1, 2] , such as skews (φ) -deviation trends -and drifts (ω(t)) -non-linear fluctuations -(i.e., µ real (t)≈θ·(1+φ+ω(t)) MU/s), will result in deviated (e.g., lagged or advanced) playout processes, as illustrated in Figure   1 . Due to this, the adopted buffering strategies must be also coordinated with playout adjustment techniques to recover from undesired situations, such as buffer underflow/overflow or out-of-sync situations.
Two main approaches can be adopted for adjusting the playout processes: aggressive and smooth (see Figure 1 ). Aggressive adjustment techniques consist of simply skipping (i.e., discarding) or pausing MUs (also, inserting or duplicating MUs), as can be seen in the dotted purple lines in Figure 1 .a. However, they can cause (long-term) playout disruptions or discontinuities (a.k.a. stallings), with a consequent degradation of the QoE, as shown in [3] and in [4] . Smooth adjustment techniques are commonly known as Adaptive Media Playout (AMP) and are based on varying (i.e., speeding up or slowing down) the media playout rate within tolerable ranges, as can be seen in the dashed red lines in Figure 1 .b. Previous studies have shown that smooth adjustment techniques are more convenient than aggressive ones, in terms of QoS, such as in providing better media sync performance [1, 2, 3] and in reducing delays [5, 6] , and of the perceived QoE [3, 4] .
Given these benefits, many AMP solutions have been proposed in the past (briefly described and classified in Section 2). In general, the goal of the existing AMP solutions is to adapt a deviated (lagged or advanced) playout point in order to reach a reference (target), being this reference: i) a target buffer fullness level in intra-media sync (e.g., to recover the buffer occupancy into safe ranges in case of network or end-systems congestion); ii) the playout point of a reference element in inter-media sync (e.g., the base stream in scalable video coding, the audio stream in audiovisual communications…); or iii) the playout point of a reference receiver in IDMS (e.g., possible strategies can be found in [2] ).
However, independently of the particular goal of each AMP solution (i.e., why to perform the playout adjustments), and of criteria or conditions that are employed to determine the need for triggering the playout adjustments in each of them (i.e., when to perform the playout adjustments), an additional key issue is the selection of the specific interpolation method to reach the reference (i.e., how to perform the playout adjustments). Regarding this last aspect, most of the existing AMP solutions are based on performing linear (i.e., constant) playout adjustments until the reference point (i.e., the target) is reached. However, the work in [5] states that a quadratic (i.e., parabolic) adjustment function is better suited than a linear adjustment function for improving the QoE, as it allows reducing the distortion of the playout curve (i.e., it provides a more uniform playout, by keeping the inter-presentation times of successive MUs as uniform as possible). Due to the fact that the smoothness of the playout curve is a key contributor to a satisfying QoE, the goal of this paper is to investigate and demonstrate if other strategies can provide better performance in terms of minimizing abrupt variations in the playout curve, but also in reducing the duration of the adjustment period 1 , while keeping the computational complexity low. Consequently, we propose a novel AMP strategy, called Cubic AMP, which is based on employing a cubic interpolation method to adjust a deviated playout point to a given reference, with the aim of minimizing abrupt changes in the media playout curve, thus improving its smoothness.
Mathematical analysis and graphical representations show that the proposed Cubic AMP strategy meets the targeted requirements, and that the use of higher-order polynomial interpolation methods does not provide any benefit compared to the use of cubic interpolation methods. Most importantly, the results of subjective tests confirm that Cubic AMP provides better QoE than the other existing (linear and quadratic) AMP strategies.
The rest of this paper is organized as follows. Section 2 reviews the state-of-the-art regarding the existence of AMP solutions. In Section 3, the proposed Cubic AMP strategy is presented. In that section, in order to better understand and demonstrate the benefits provided by our proposal, the AMP process is firstly introduced and modeled, and then the expressions for the interpolation curves and for the duration of the adjustment periods when using the existing (linear and quadratic) AMP strategies are compared to the new ones obtained for Cubic AMP. It is also discussed that higher-order polynomial interpolation methods are less convenient than cubic ones. Section 4 provides the results of the objective and subjective evaluations that have been conducted, showing the benefits of using Cubic AMP. Finally, Section 5 outlines the conclusions and suggests some ideas for future work
Related Work
Many AMP solutions have been proposed in previous works to provide better QoS and/or QoE in a variety of multimedia systems and services. In this section, these solutions are reviewed, by highlighting the goal they are trying to achieve (i.e., the problem to be solved), the criteria that determine the need for triggering the playout adjustments, the involved media types (audio, video …), the application scenario and the employed evaluation methodology, among other relevant aspects. Most interestingly (within the context of this work), the type of performed playout adjustments in each of these AMP solutions is identified: linear (i.e., Linear AMP, from now on) or quadratic (i.e., Quadratic AMP, from now on). A taxonomy of these existing AMP solutions, based on the previously mentioned aspects, is provided in Table 1 . and action scenes a Identification of content sections with specific audio/visual features (e.g., slow motion scenes or low audio intensity). It is also referred to as context-aware in [10] , since this approach minimizes the chances of noticeability of the playout adjustments.
In [3] , the impact of using aggressive playout adjustment techniques (i.e., skips and pauses) compared to using Linear AMP techniques on the quality of lip-sync in (live) media streaming services is objectively and subjectively evaluated. Lip-sync is the most common example of intermedia sync, and involves the sync between the spoken voice and the associated movements of the speakers' lips (i.e., video). To ensure a high quality lip-sync, both intra-media and inter-media sync need to be provided. Likewise, when performing lip-sync, the audio stream is generally taken as the sync reference to which the video stream must synchronize, as the human perception is more sensitive to audio adjustments than to video adjustments. However, for simplicity, in that work, it is assumed that intra-media is already guaranteed for the (master) audio stream and that only intermedia sync control needs to be performed for the (slave) video stream. The results of the objective evaluations showed that the use of Linear AMP techniques results in a significantly better performance and QoS, in terms of average MU rate (as no MUs are discarded when using AMP), total pause time (as no MUs are paused when using AMP) and of inter-media sync accuracy, compared to the use of aggressive adjustment techniques. It is also shown that the differences become more relevant as the network delays and jitter increase. The results of the subjective evaluations demonstrated that the use of Linear AMP techniques results in a significantly better QoE than the use of aggressive adjustment techniques, and, again, that the differences become more relevant as the network delays and jitter increase.
In [6] , it is shown that the coordinated operation between a proposed Linear AMP strategy and a proposed packet re-transmission strategy allows reducing the streaming delays (by buffering less amount of data) and the probability of buffer underflow situations (by slowing down the playout rate when the buffer occupancy is below a certain threshold) in video streaming services over errorprone channels. The evaluation methodology is based on simulation experiments, by modeling the overall system, adopting two-state Markov processes to model the packet loss probability for the transmission channel and the packet re-transmission strategy. In the evaluations, it is assumed that all MUs (concretely, the video frames) have the same size and that the transmitted packets contain just one frame, which is not very realistic in real contemporary multimedia systems.
In [7] , it is presented a model-based and content-aware Linear AMP solution for mobile devices in wireless video streaming services. It makes use of statistical assumptions of both the arrival and departure processes for a better decision on the dynamic threshold and on the magnitude of the playout rate adjustments. It is content-aware because the (syntax-level) information about the video frame sizes is taken into account when calculating the required playout adjustments.
In [8] , it is proposed a cross-layer solution, based on the coordination between a server-based packet scheduling strategy -at the Medium Access Control (MAC) layer -and a client-based Linear AMP strategy -at the application layer -, to maximize the perceived video quality in streaming services over wireless links, overcoming potential variations of the channel conditions. At the server side, the packet scheduling strategy may decide to transmit the most important MUs and just skip some others during periods in which the bandwidth is scarce, avoiding the transmission of packets that may be lost because of poor channel conditions or may likely be discarded at the client side because of late arrival. At the client side, the AMP strategy may decide to (constantly) slow down the playout rate in order to still accommodate the playout of late packets during periods in which the channel conditions are not adequate, preventing from buffer underflow situations and trying to ensure the media playout continuity. The proposed cross-layer solution is also content-aware. At the server side, packets are selectively discarded to meet the rate constraints, with the lowest impact as possible on the media distortion. At the client side, the motion characteristics (e.g., intensity) of the video scenes are taken into account when adjusting the playout rate. The idea is to preferentially adjust the playout rate in scenes with slow or no motion, as it may be less annoying to the human perception than doing so in scenes with high motion. The overall system is modeled, including the video quality distortion at the server side, as well as variable bandwidth and delays at the distribution side (wireless environment). Packet loss is not considered, as it is assumed that the physical and MAC layers make use of encoding, retransmissions or Forward Error Correction (FEC) techniques to mitigate such effects. The system is evaluated by using real frameworks for the server and client sides, but simulating the conditions of the wireless channel. The system performance is objectively evaluated, taking into account the following metrics: playout distortion, playout duration and video quality (using the Peak Signal-to-Noise Ratio -PSNR -metric). Moreover, subjective tests were conducted, which mainly confirmed that: 1) the perceived video quality degrades when (constantly) slowing down the playout rate, but it is much more preferable than the occurrence of media playout disruptions; and 2) slowing down the playout rate in scenes with low motion intensity is more tolerable to the human perception than doing so in high motion scenes. However, few details about these subjective assessments are provided. Unlike in [6] , in which the relevant parameters for AMP, such as the buffer occupancy thresholds and the playout rate variation factors are pre-specified, that works adopts a controlled Markov chain to dynamically adjust the values of and limits for these parameters according to the channel conditions. The work in [9] proposed another Linear AMP solution that takes into account the buffer fullness variation as the criteria for determining the need for adjusting the playout process (i.e., for triggering the AMP process), rather than the buffer fullness levels, as in other works (e.g., [6] and [7] ). Simulation results show that the proposed AMP solution is able to avoid buffer outage, provides better video quality (measured in terms of the variation of the playout duration) and it is less sensitive to variable network conditions than other existing solutions. That work focuses on the application of AMP for video streaming services, without including audio. Similarly than in [6] , the overall system is modeled, including two-state Markov processes to model the packet error probability and a packet re-transmission strategy.
In [1] , a Linear AMP solution is proposed to enhance the performance of a standard IDMS solution, by achieving a higher sync accuracy and minimizing the occurrence of long-term (and noticeable) playout discontinuities (i.e., skips and pauses). In [2] , the previous work is extended, by demonstrating that the use of Linear AMP is beneficial when using different architectural schemes to exchange the control information and different strategies to choose the reference to synchronize with in IDMS-enabled systems.
In [5] , an arrival process-controlled AMP solution with multiple thresholds to improve the playout quality in video streaming services is proposed. The first threshold is used in the pre-roll period to calculate the initial playout instant, based on the jitter for the incoming video frames.
Additionally, two thresholds for the upper and lower buffer fullness levels are used during the playout period. If the buffer fullness level is below or over these upper and lower thresholds, the AMP process is triggered to either fast up or slow down the playout rate, respectively, in order to restore the buffer occupancy into safe ranges. The novelty of the proposed solution resides in that the playout process is adjusted in a quadratic manner (i.e., Quadratic AMP), and not in a linear (i.e., constant) manner (i.e., Linear AMP), as in all the AMP solutions proposed in the other mentioned works. When the buffer fullness level is within these two thresholds, the playout rate will depend on the instantaneous frame arrival rate, which is estimated by using a proposed arrival process tracking algorithm. Theoretical analysis and simulation results show the benefits of the proposed solutions, in terms of reducing the initial playout delay, and avoiding buffer underflow and overflow situation. In addition, it is shown that the proposed Quadratic AMP solution outperforms traditional Linear AMP solutions (such as the ones proposed in [6] and in [9] ) in terms of the smoothness of the playout curve, by using the variance of distortion of playout metric (also used in this work and defined in Section 4.1). However, no subjective assessments were conducted to corroborate the benefits on the perceived QoE.
In [10] , the impact on the perceived QoE of the application of two different Linear AMP solutions was evaluated and compared by adopting a crowdsourcing-based methodology. The first AMP solution randomly chooses content sections for increasing and decreasing the playout rate.
The second AMP solution takes into account audio-visual features for identifying appropriate content sections for which the playout rate may be increased or decreased, being therefore contentaware. Regarding the audio-visual features, the average length of motion vectors between consecutive frames (i.e., the motion intensity) is selected for video, and the Root Mean Square (RMS) of the envelope of each frame (i.e., the audio intensity) is selected for audio. The aim is to trigger the playout adjustments in these content sections in which the probability of noticeability may be lower, thus minimizing the impact on the QoE, with the assumption that it is preferable to slow down the playout rate in high motion scenes with low audio volume, and to fast up the playout rate in slow motion scenes with low audio volume. The evaluations were performed for different ranges of constant playout rate rations (i.e., Linear AMP) during the same period interval using the two AMP solutions. They revealed that there is no significant difference between both solutions for slight playout rate variations, but that the content-aware AMP solution performs significantly better in extreme situations in which the playout rate is very low or very high.
Interestingly, it was found that increasing the playout rate does not significantly degrade the perceived QoE if the content sections in which to perform the playout adjustments (e.g., with no speech, low audio volume or slow motion video scenes) are properly selected. Therefore, the decision on when to perform the playout adjustment plays a key role. In that study, it was also noticed that decreasing the playout rate results into higher QoE degradations than increasing the playout rate by the reciprocal factor of the decrease. The application area of that work was IDMS, but the video sequences were evaluated by individual users, and not in the context of a shared experience.
In [11] , the impact on the QoE of increasing and decreasing the playback rate for randomly selected content sections of different duration is subjectively assessed, by using crowdsourcing. In that study, the audio-visual features from [10] are used as metrics to quantify the audio and video distortions caused by the (constant) playout rate variations. Then, a non-linear model is analytically derived by correlating the values of these metrics and the results of the subjective assessments, with the goal of estimating the QoE by analyzing the audiovisual contents (i.e., the magnitudes of audio and video distortion measured by using the above metrics). The subjective assessments revealed interesting findings. First, it is shown that small distortions in these metrics, especially for audio, already have an impact on the QoE. Second, adjusting the playout rate for the combination of audio and video has a higher impact on the QoE than adjusting the playout rate for only video (as done in other works e.g. [7, 9] ), as playout adjustments for audio are more critical to the human perception than playout adjustments for video. Third, and corroborating the results in [10] , increasing the playout rate for specific content sections has a lower impact on the QoE than decreasing the playout rate for the same sections by the reciprocal of the increase of the playback rate.
AMP Strategies
This Section initially introduces the AMP process, involving a deviated playout curve and a reference one, together with the relevant aspects of, and parameters in, such a process. Next, it provides a mathematical formulation and analysis of the interpolation curves between the deviated and reference playout curves when using the existing Linear and Quadratic AMP strategies. The duration of the adjustment period when bounding the maximum value of the playout rate variation to φ ma in each one of them is also derived. Then, the same expressions are formulated for the proposed strategy in this work, Cubic AMP. Finally, the Linear, Quadratic and Cubic AMP strategies are compared in terms of the computational complexity, smoothness of the playout curve and of the duration of the adjustment period. It is also discussed why higher-order polynomial interpolation methods are less appropriate than Cubic AMP.
Modeling the AMP Process
Let us consider an example consisting of a reference playout curve (Eq. 1), with an ideal playout rate of θ MU/s, and a deviated curve 2 (Eq. 2), with a playout rate of µ=θ·(1+φ) MU/s, being µ< θ.
These playout curves are represented in Figures 1 and 2 
If no correction is applied, the asynchrony between both playout processes would progressively increase, with a consequent QoE degradation. For example, if both playout processes start simultaneously at t ini =0s, then an allowed asynchrony threshold of Δτ MUs between both playout processes will be reached at t τ =Δτ/(µ-θ)s. At that moment, the deviated curve must be adjusted in order to eliminate such asynchrony. If using AMP, it can be done by either speeding up (if the playout process is lagged compared to the reference), or slowing down the playout rate (if the playout process is advanced compared to the reference), as shown in Figure 1 .b. This way, the deviated curve will match the reference curve (θ·t) at t sync = (t τ + ΔT) s, being ΔT the duration of the adjustment period.
In such process, three key factors must be taken into account. The first one is the upper bound within which the playout rate can be varied without degrading the QoE. A value of φ max =25% is commonly adopted in literature (e.g., [1, 2, 6, 9] ), even though recent studies have put into doubt
this limit and open the door to future research on this matter [10, 11] . Anyway, it seems clear that an upper value for φ max needs to be bounded for a good QoE. The second one is the duration of the adjustment process (ΔT), as it also impacts the perceived QoE [4] . The third one is the specific interpolation method between the involved (deviated and reference) curves, given specific values of Δτ, µ, θ, and of either φ max or ΔT.
The next three sub-sections provide the expressions of the interpolation curves and of the duration of the adjustment periods for the existing Linear and Quadratic AMP strategies and, most importantly, for the proposed Cubic AMP strategy. For each one of the AMP strategies, the initial and final points of the interpolation curves are given by Q τ = (t τ , µ·t τ ) and Q sync = (t sync , θ·t sync ), respectively (see Figure 1 .b).
Linear AMP
Using Linear AMP, a linear interpolation curve (Eq.3) between the deviated curve (Eq. 1) at t=t τ and reference curve (Eq. 2) at t= t sync is employed:
where a and b are two real parameters. The linear polynomial interpolation curve must start at Q τ point (matching the deviated curve) and end at Q sync point (matching the reference curve).
Therefore, it has to meet the next two conditions:
which is a linear system with a unique solution for the parameters, obtaining:
Apart from accurately matching the reference playout point at t sync instant, the playout rate (i.e., the derivative) of the linear interpolation playout curve must be bounded throughout the AMP process (i.e., µ max ≤ µ·(1+|φ max |)) to avoid too aggressive playout adjustments, which may be noticeable or even annoying to the users' perception. By imposing this condition, the value of the required duration of the adjustment period (ΔT) and, therefore, the value of t sync , that guarantees that the playout rate will be lower than the upper threshold throughout the AMP process will be determined by the slope (i.e., derivative) of the interpolation curve, setting it to the maximum allowable value of the playout rate:
The above expression is a linear equation in ΔT where the term (θ-µ)·t τ is the allowed asynchrony threshold Δτ, so the expression for the adjustment period can be written as:
To achieve that the playout rate variation will be lower than φ max throughout the adjustment process when using Linear AMP, the value of ΔT Linear must be applied to Eq. 5 (t τ is known, and t sync = t τ + ΔT Linear ).
Quadratic AMP.
Using Quadratic AMP, a quadratic (i.e., parabolic) interpolation curve (Eq.8) between the deviated (Eq. 1) curve and reference curve (Eq. 2) is employed. It can be written as:
where a, b and c are three real parameters. However, for computational simplicity, it is much more convenient to write the above expression by making use of a new temporal variable ζ=(t-t τ )/(t synct τ ):
where a, b and c are (the new) three real parameters. With this new variable, when t=t τ  ζ=0, when t=t sync  ζ=1, and the time derivative can be written as:
As in the linear case, the quadratic polynomial interpolation curve must start at Q τ point (matching the deviated curve) and end at Q sync point (matching the reference curve).
Apart from these two conditions, a third one has to be fixed, which can be the derivative of the playout curve (i.e., the rate) at either the beginning or the end of the adjustment process (see Figures 2.b1 and 2.b2, respectively) [5] , but not at both. As an example, by fixing it at the beginning of the adjustment process, these three conditions can be formulated as Figure 2 . Interpolation methods when using the different AMP strategies for lagged playout curves. The same behavior applies for advanced playout curves. This is a linear system with a unique solution for the parameters, which can be solved straightforward, obtaining: (12) As in Linear AMP, the playout rate (i.e., the derivative) of the quadratic interpolation playout curve must be bounded throughout the AMP process (i.e., µ max ≤ µ·(1+|φ max |)). By imposing this condition, the value of ΔT (and, therefore, the value of t sync ) will be determined by the slope of the quadratic interpolation curve, which needs to be bounded in its maximum point. Therefore, the maximum point needs to be found and the value of the slope in this point has to be fixed to µ·(1+φ max ).
For that purpose, it is firstly checked that the playout rate dt dp Quad / ) ( int  has not a local maximum when (13) Then, the maximum slope occurs in one of the two ends of the playout adjustment interval. As
, the playout rate has it maximum at ζ max =1. By setting the value of the slope to µ·(1+φ max ) in the maximum point ζ max :
d dp t t dt dp sync sync sync Quad sync Quad (15) Using t sync = (t τ + ΔT), the previous equation can be rewritten as
As (θ-µ)·t τ is the allowed asynchrony threshold, Δτ, the expression for the adjustment period can be obtained from the previous linear equation in ΔT as:
Cubic AMP
Our proposal consists of employing a cubic interpolation method (Eq. 18) between the deviated playout curve (Eq. 1) and reference playout curve (Eq. 2):
where a, b, c and d are four real parameters. However, as in Quadratic AMP, for computational simplicity, it is much more convenient to write the above expression and the system by making use of a new temporal variable ζ=(t-t τ )/(t sync -t τ ), resulting in:
where a, b, c and d are (the new) four real parameters.
As in the previous strategies, the cubic polynomial interpolation curve must start at Q τ point (matching the deviated curve) and end at Q sync point (matching the reference curve). Apart from these two conditions, two additional ones have to be fixed, which are the derivatives of the playout curve (i.e., the rate) at the beginning and the end of the adjustment process. This will ensure a smooth transition between the involved curves, avoiding bends, as can be seen in Figure 2 .c.
Taking into account Eq. 10 and that when t= t τ  ζ=0, and when t= t sync  ζ=1, the linear system that determines the parameters can now be written as: 
As in the other AMP strategies, the playout rate (i.e., the derivative) of the interpolation playout curve must be bounded throughout the AMP process (i.e., µ max ≤ µ·(1+|φ max |). By imposing this condition, the value of ΔT (and, therefore, the value of t sync ) will be determined by the slope of the cubic interpolation curve, which needs to be bounded in its maximum point. Therefore, the maximum point needs to be found and the value of the slope in this point has to be fixed to µ·(1+φ max ). For that purpose, we equal to zero the first derivative, because we want to find any maximum ζ max in ]0,1[:
From the above expression, the value of ζ max is:
The playout rate at ζ=0 is µ and at ζ=1 is θ, because of the two last conditions in Eq. 20. Then, the maximum value of the playout rate µ·(1+φ max ) is fixed in the extremum ζ max in ]0,1[ , 
Using ΔT=(t sync -t τ ), the above equation results in a second order polynomial in ΔT, whose solution is:
Comparison between the different AMP strategies: Benefits of Using Cubic AMP
For a given value of φ max , Linear AMP is the best AMP strategy for minimizing the length of ΔT, as the maximum playout rate variation is constantly applied throughout the adjustment period.
However, the issue when using Linear AMP is that the playout rate is constant during the adjustment period, which originates abrupt variations or bends (obviously, depending on the value of φ max ) at both the beginning and the end of the adjustment process (see Figure 2a ). This may be noticed by users, and even be annoying to them (QoE degradation).
For the same values of µ, Δτ and φ max , the duration of the adjustment period (ΔT) when using Quadratic AMP, given by Eq.17, is two times or more the one when using Linear AMP, given by Eq. 7, i.e., ΔT Quad ≈ 2·ΔT Linear (see Figure 3 ). In addition, although the variation in the playout rate can be avoided at either the start or the end of the adjustment process (depending on where the derivative has been fixed), as can be seen in Figures 2.b1 and 2. b2, it will be greater than in Linear AMP in the other end. These two issues may also result in a degradation of the user's perceived QoE.
For the same values of µ, Δτ and φ max , the duration of the adjustment period (ΔT) when using Cubic AMP, given by E q. 27, is fifty percent longer or more than the one when using Linear AMP, given by Eq. 7, i.e., ΔT Cubic ≈ 1.5·ΔT Linear (see Figure 3 ). However, it is 25% shorter or more compared to when using Quadratic AMP (see Figure 3 ). As another graphical example, a comparison between ΔT Linear and ΔT Cubic for different values of Δτ and φ max , given a fixed value of µ=24.98 MU/s, is provided in Figure 4 . The use of higher order polynomial and other types of non-linear and differentiable functions as the interpolation curve was also assessed. However, it involves much higher computational cost, as it requires a bigger set of equations and/or more complex mathematical methods to calculate the expressions for both the interpolation curve and ΔT. In addition, it does not provide better performance, because Cubic AMP guarantees the continuity of the interpolation curve and of its first derivative -the playout rate -, which are the most relevant ones to avoid bends (corners).
For example, although the computational complexity for calculating the interpolation curve when using a quartic polynomial is not much higher than when using a cubic polynomial, the main difference appears when calculating the expression for ΔT, because the analytical expressions of a root of a cubic polynomial (in the quartic case) are far more complex than for a quadratic polynomial (in the cubic case). Moreover, the duration of the adjustment period is thirty percent longer or more when using a quartic polynomial than when using a cubic polynomial, i.e.: ΔT Quartic ≈ 1.3·ΔT Cubic (see supporting document). In the case of polynomial functions of higher order, it is not possible to obtain a general expression for ΔT, because the roots of an arbitrary polynomial of degree higher than three cannot be written as algebraic expressions in terms of its coefficients.
In addition, it must be taken into account than when implementing the selected AMP strategy in real multimedia systems, the interpolation curve has to be discretized (e.g., per frame duration or per time interval), which also slightly increases the computational cost. Besides, the selected AMP strategy can be deployed in heterogeneous consumption devices (some of them with limited CPU resources), as well as in web browsers (with non-efficient processing and memory resources), so keeping the computational complexity very low becomes essential.
Therefore, Cubic AMP is the most suitable, and simplest, solution that meets the targeted requirements of this research work.
Evaluation
In this Section, the performance and benefits of using the proposed Cubic AMP strategy, compared to using the other existing (Linear and Quadratic) AMP strategies, are presented, both through objective evaluation (in Section 4.1) and subjective evaluation (in Section 4.2).
Objective Evaluation (Performance and Behavior of the AMP Strategies)
The performance and behavior of Cubic AMP, in comparison with Linear and Quadratic AMP, has been tested using Matlab®. Without loss of generality, the evaluation has been focused on an IDMS scenario, which aims to guarantee synchronization between the playout processes of independent receivers. A compilation of solutions to provide IDMS, applications requiring this kind of synchronization (e.g., Social TV, multi-party conferencing…) and tolerable asynchrony thresholds in each of them can be found in [12] .
Concretely, two playout processes (of two independent receivers) have been considered, assuming that the buffering strategy in use (out of the scope of this paper) in both of them was able to smooth out the effect of jitter and/or packet loss, thus preserving the original timing of the incoming media contents being played out. However, reasonable playout rate deviations were considered to (somehow) recreate the effect of congestion and/or clock imperfections, thus forcing asynchrony situations between the involved playout processes. In particular, the two playout curves were modeled as: i) a reference curve with an ideal playout rate of θ=25 MU/s; and ii) a lagged curve 3 with a skew of φ=-0.0008, thus with a (deviated) playout rate of µ=θ·(1+φ)=24.98 MU/s. In this case, if no correction is applied, the asynchrony between these two playout processes would reach a value of 100ms in a time interval slightly superior to 2 minutes (and of 1s in 20 minutes).
Therefore, an allowed asynchrony threshold of Δτ=2 MUs (i.e., 2·(1/θ)=80ms) was set to prevent from frustrating situations (bad QoE) [12] . Every time the asynchrony between both playout processes exceeds that threshold, the lagged playout process (including audio and video) must be adjusted to match the reference playout process, thus achieving synchronization between receivers (i.e., IDMS). Figure 5 shows the interpolation processes when using each one of the AMP strategies (Linear, Quadratic and Cubic), during the same adjustment period (ΔT Linear , which is the required period of time to reach the reference curve when performing a constant -linear -playout rate variation of φ max =25%) for all of them. In particular, the interpolation curves were calculated for the time interval [t τ , t sync ], being t τ = 2/(25-24.98)=100s, and t sync =t τ +ΔT Linear . It can be seen that the three interpolation curves, given by Equations 5, 12 and 21, matched the reference at t sync s (i.e., Q sync = (t sync , θ·t sync )). Moreover, the path followed by the cubic interpolation curve was very close to the one followed by the linear interpolation curve. To check the effect of abrupt changes (i.e., bends) in the playout curves, zoom views at both the start and the end of the adjustment processes are also shown in Figure 5 (right part). It can be seen that bends at both the start and the end of the adjustment process occurred when using Linear (L) AMP. Using Quadratic (Q) AMP, the bend can be avoided at either the start or the end of the adjustment process (depending on where the derivative has been fixed). However, in the other end, it will be greater than in Linear AMP. Using Cubic (C) AMP, bends in the playout curve are avoided throughout the adjustment process. Figure 6 shows the evolution of the derivatives of the three interpolation curves (i.e., the playout rates) during the playout adjustment process, with the goal of comparing their performance in terms of the smoothness of the playout curve, the maximum value of the playout rate (and thus, the value of the playout rate variation) and the duration of the adjustment period (ΔT). On the one hand, this figure shows the evolution of the playout rate for the three AMP strategies when considering ΔT Linear (with φ max =25%) for all of them (solid lines), as in Figure 5 . In this case, it can be seen that a constant playout rate variation of φ max =25% was performed when using Linear (L) AMP. Therefore, abrupt changes (i.e., bends) in the playout rate occurred at both the start and the end of the adjustment process. Using Quadratic (Q) AMP, a maximum playout rate variation of 49.8% had to be performed (almost double than in Linear AMP, which was 25%) for reaching the reference point during this time interval. Moreover, an abrupt change in the playout rate occurred at the end of the adjustment process (as discussed before, it occurs in one of the two ends), which was significantly greater than the ones when using in Linear AMP. Using Cubic (C) AMP, the playout rate was smoothly adjusted throughout the duration of the adjustment process, thus avoiding bends.
In this case, the maximum playout rate variation was 37.3%, which is also higher than when using Linear AMP (25%), but significantly lower than when using Quadratic AMP (49.8%). 
Synchronization Point
Adjustment Period (ΔT) = t sync -t τ Figure 6 . Playout Rate Evolution when using each AMP strategy On the other hand, Figure 6 also represents the evolution of the playout rate curves for Quadratic and Cubic AMP when the maximum playout rate variation was bounded to φ max =25% in both of them (dotted lines). It graphically confirms that Quadratic AMP requires a longer adjustment period to reach the reference playout curve (i.e., ΔT Quadc >ΔT Cubic ), as analytically compared in Section 3. It means that Cubic AMP can recover faster from undesired situations (such as asynchrony or potential buffer underflow/overflow situations) than Quadratic AMP when fixing the same upper value of the playout rate variation in both strategies.
Start of the Adjustments
Although the interpolation curves are applied to the playout curve, and not to the playout rate (its first derivative), the graphs in Figure 6 show that the playout rate was also adjusted in a smoother manner when using Cubic AMP than when using Quadratic and Linear AMP, especially when bounding the playout rate variation to φ max =25% (dotted blue graph). Note also that the span/zoom in Figure 6 was properly set to allow showing the evolution of the playout rates in all AMP strategies, for all conditions, in the same figure. It can be a cause why the variation of the playout rate in Cubic AMP (especially when using ΔT Linear ) does not seem as smooth as it really is.
In order to support this, an additional figure (Figure 7) is included, showing the evolution of the playout rate variation (i.e., the acceleration, which is the derivate of the playout rate, and therefore the second derivative of the playout curve) for the three AMP strategies. It can be seen that the acceleration when using Cubic AMP (blue curve) was also smoother than when using Linear and Quadratic AMP (for the former one, abrupt variations in the acceleration occurred at both the start and the end of the adjustment process -see red graph -, while for latter one an abrupt variation in the acceleration occurred at the end of the adjustment process -see green graph -, which was greater than for Linear AMP), avoiding abrupt changes/accelerations. The benefits on the smoothness of the playout curve are also evaluated by considering the Variance of Distortion of Playout (VDoP) metric, given by Eq.30, as in [5] . This metric takes into account the deviation of the actual playout duration of each n-th frame, S n , from the nominal one, T=1/θ, during the adjustment process: Figure 7 . Evolution of the Playout Rate Variation (i.e., acceleration, second derivative of the playout curve) when using each AMP strategy
Subjective Evaluation (QoE tests)
The three AMP strategies have been implemented in a web-based video watching scenario (as e.g. in [4, 10, 11] , see Table 1 ), by using HTML5 and Javascript. It is a very relevant use case,
given the ever increasing usage of online platforms (e.g., Youtube, Netflix...) for consuming media content delivered via web-based technologies. In particular, two sequences of 30s of a sports related video clip were considered (with a frame rate of θ=25 MU/s). The Video Sequence 1 consists of an excerpt of a first plane interview to a famous sportsman, including natural speech and human gestures. The Video Sequence 2 consists of a more action-related sequence, with faster motion, and also including natural speech, gestures and movements by the same characters.
While watching the sequences, a specific playout adjustment condition was performed at a given instant (t τ ), to correct a "virtual" asynchrony between the playout processes of two different receivers (including audio and video) of either Δτ=+1s (receiver with an advanced playout process)
or Δτ=-1s (receiver with a lagged playout process), which is a commonly used threshold for Social TV scenarios [12] . Concretely, for each video sequence, 13 test conditions were considered: 5 video sequences with the playout adjustment conditions represented in Figure 4 (for both Δτ=+1s or Δτ=-1s), one with a playout skip, one with a playout pause, and the (hidden) reference video sequence (i.e., the one without playout adjustments), as recommended by International Telecommunication Union (ITU) in [13] .
These test conditions were randomly presented to 24 users (with gender balance, and aged between 18 and 45), who evaluated the perceived QoE for each of them, by using the Mean Opinion Score (MOS) metric, with the classical 5-point impairment (or Likert) scale (being 1 the lowest QoE and 5 the highest QoE, see Table 2 ), called 5-MOS in this work, and a variant 10-point impairment scale (being 1 the lowest QoE and 10 the highest QoE), called 10-MOS in this work.
The 10-MOS variant was also considered because it provides higher granularity for evaluating the quality degradation, as well as for discerning any differences between the employed playout adjustment strategies. Other QoE-related works have also used variants of the 5-MOS metric, using 10-point, and even 100-point impairment scales (e.g., [10, 11] ). In terms of MOS ratings, the results for the two considered video sequences slightly vary. It seems that playout adjustments are slightly more noticeable in fast motion scenes (Video Sequence 2) than in slow motion scenes (Video Sequence 1), both containing natural speech and human gestures, as noticed in [8] and in [10] . However, the obtained results follow an identical tendency and behavior regarding the analyzed test conditions, obtaining the same findings in both sequences, thus corroborating them. Therefore, without loss of generality, we focus the discussion of the obtained results on Video Sequence 1 (the results for Video Sequence 2 are in the supporting document). Figure 8 shows the mean and the 95% Confidence Interval of the obtained results for Video Sequence 1, for both 5-MOS (in red, and with 'o' marks) and 10-MOS (in blue, and with 'x' marks), grouped according to the asynchrony value and to the type of test condition. The significance of the differences between the 5-point MOS ratings for each test condition was determined by using the Wilcoxon signed rank test, at a significance level of 0.05. It is a nonparametric statistical hypothesis test commonly used to assess whether two related samples differ [14] , and it is typically used as an alternative to the paired Student's t-test when the ratings are discrete and the population cannot be assumed to be normally distributed. For example, it has been used in related works, such as in [15] and [16] .
From the results, several findings can be highlighted:
 Playout skips and, especially, pauses are very annoying to users (as reflected in [3] and in [4] ). In general, AMP strategies provide better QoE than aggressive playout adjustment techniques.
 Slowing down the playout rate is more critical than fasting it up (as noticed in [10] and in [11] The values of the MOS degradation metric for each MOS variant can be seen in Figure 9 . It can be appreciated that the results in terms of degradation are very similar for each MOS variant (MOS-5 and MOS-10), except for the aggressive adjustment techniques (i.e., playout skips & pauses), because the lowest value in both rating scales is "1". This simple test confirms the very similar behavior of the results of the subjective evaluation when using both variants of the MOS metric. Figure 9 . MOS degradation for each MOS variant and for each test condition for video sequence 1.
Conclusions and Future Work
In this paper, we have proposed a novel cubic interpolation method for AMP, which we called Cubic AMP. Our Cubic AMP strategy outperforms the other existing Linear and Quadratic AMP strategies (based on adopting linear and quadratic interpolation methods, respectively) in terms of the smoothness of the playout curve (by avoiding bends throughout the playout adjustment process), and significantly reduces the duration of the adjustment period compared to Quadratic AMP (gain of 25%), without increasing the computational complexity. It has also been proved and discussed that the use of higher-order polynomial interpolation methods does not provide any benefit compared to Cubic AMP. Most interestingly, the results of subjective tests have confirmed that Cubic AMP provides better QoE than Linear and Quadratic AMP. 
